Abstract-In CDMA networks it is possible to increase the maximum number of users of real time applications by smoothly increasing each end-to-end distortion. In this paper we study a protocol for downlink CDMA that allocates source coding rate, channel coding rate and transmitted power based on each user's channel state. The allocation of resources is performed with the constraints of users' maximum distortion and base station's maximum transmitted power in such a way that users operate under carefully controlled distortions. The optimization goal is to minimize the overall distortion in downlink singlecell systems. When the system is highly loaded, the idea for the proposed solution is to initialize the resource allocation with that corresponding to maximum distortion for all users, and then incrementally allocate the remaining transmitted power quota to the user that, at each step, can reduce the distortion with the least use of power. We show that this user must have a high distortion, experience a good channel condition, or generate small interference. We also extend our study to include speech's talk spurt-silence nature and to consider a dynamic model with different offered loads. From simulation results, the proposed algorithm fundamentally reduces the distortions and the necessary maximum transmitted power when the number of users is large, compared with a traditional CDMA scheme (with no distortion control).
I. INTRODUCTION
Code Division Multiple Access (CDMA) is characterized by all users transmitting simultaneously over the same frequency band. Ideally, users do not interfere with each other because each user is assigned a different spread spectrum code. Because perfect separation between codes is not achievable in practice, inter-user interference limits the capacity and the maximal number of users that can be simultaneously supported. Resource allocation such as rate adaptation and power control is an important means to combat this interference, increase the number of admitted users, and maintain the end-to-end quality during a call. By carefully choosing the allocation of source and channel coding rates it is possible to control the source encoder's output quality and level of channel errors protection. Also, power control is a technique that allows maintaining the received signal-to-interferenceplus-noise-ratio (SINR) at a desire level. Consequently, the quality of the received signals can be carefully controlled according to channel conditions. In this context the problem is how to increase the system performance, by cleverly allocating these resources while also taking into consideration practical constraints.
Distortion-based and CDMA resource allocation are intensively researched areas of study. In [1] , the authors developed a source encoding assisted multiple access protocol to increase a TDMA system capacity during congestions by selectively adapting the source encoding rate. In [2] , the authors formulated a CDMA resource allocation problem for different Quality of Service (QoS) requirements. An adapted power and joint source channel coding video transmission scheme over multi-access networks that minimizes power consumption was presented in [3] . Although, the problem solved in this work is different, the proposed solution in this paper is partially inspired in [3] . One area of research considers power allocation based on defined utilities. Such is the case in [4] , [5] , where the authors used a dynamic pricing scheme with cooperation between the mobiles and the base stations to maximize the total system utility. In this paper we focus on real-time sources, thus we consider end-to-end distortion. In [6] , the authors formulated the resource allocation problem as a constrained optimization one and used approximations to have a simple solution form. In terms of methodology, we observed that the solutions proposed in existing works could be classified into two kinds. The first kind of methods uses convex or linear approximations and applies Lagrangian or convex optimization methods. The problem here is that there exists a mismatch between real situations and the approximations. The second kind of methods applies nonlinear programming. However the complexity grows fast as the number of users increases. Therefore, the goal is to find a fast algorithm with relatively good performances. In [7] we presented the idea of allocating resources in the downlink of a CDMA system through a controlled degradation of quality as the network becomes increasingly loaded.
In this paper, we develop and present a fast resource allocation algorithm for distortion management in the downlink of a single-cell CDMA systems, based on the idea introduced in [7] . The goal is to allocate resources to all users while reducing overall system distortion. Therefore, the design is constrained by the maximum transmitted power from the base station and the maximum distortion for each user. If the network is lightly loaded, the allocation algorithm assigns resources in such a way that all users operates at minimal distortion. When the network becomes highly loaded it would not be possible to make all users operate with minimal distortion even when using the maximum available transmit power. In this situation, the algorithm first assigns to each user those resources that correspond to maximum distortion. If there is transmitted power left, the algorithm assigns some extra power to the user who will use up less power while reducing more distortion. To deserve an assignment that reduces distortion, a user must have a reduced rate (high distortion), good channel condition, or generate small interference to others. After every assignment, the algorithm evaluates whether the transmitted power has been used up. If not, it will continue assigning power to reduce distortion.
The organization of this paper is as follows: In Section II, we explain the system model and describe the proposed cross-layer protocol. In Section III, we formulate the problem and develop the allocation algorithm for downlink distortion management. In Section IV, we present simulation studies. Section V presents the conclusions.
II. SYSTEM MODEL AND PROTOCOL DESCRIPTION
Consider the downlink of a single cell CDMA system with N users. We assume the system is synchronous and each user is assigned a unique spreading code within each cell. Because of the multipath environment, the orthogonality between codes could not be guaranteed and each mobile user is subject to interferences from other users in the cell [9] . The SINR of mobile i is given by:
where W is the total bandwidth, R is the transmit rate, P i is the transmitted power from the base station for mobile i, α ki is orthogonality factor between mobile k and mobile i, G i is the corresponding path loss, and mobiles' thermal noise levels are assumed to be the same as σ 2 . W/R is the processing gain. α ki is the orthogonality factor which represents the fraction of the received downlink power that is converted by multipath into the intra-cell interference. The higher the value, the more the orthogonality loss. We assume the fading profiles are the same and α = α ki , ∀i, k. In [10] , for independent Rayleigh fading θ l i , the average orthogonality factor is approximated by: Fig. 1 shows the block diagram of the proposed cross layer protocol to manage interference by controlling the users' source rates, channel coding rates and transmitted powers. The protocol is located in the base station and allocates rates and powers to all the users based on the channel conditions.
In the proposed system, the real time source encoder has the key property that the output rate can be externally controlled. This can be implemented using either variable rate or embedded encoders. In the first case, the encoder generates one bit stream for each of the possible coding rates. Only one of these will be selected and transmitted based on the rate assignment. Using embedded encoders presents the disadvantage of typically lower coding efficiency and the advantage that only one bit stream is generated, making the adaptation to the rate assignment simply by dropping as many bits as necessary from the end of the bit stream. Although the "bit dropping mechanism" is exclusive to the embedded stream, we will loosely use this term to represent a reduction in the source rate, We assume the source coder have the maximal output rate r max bits/s and the source rate controller have the output rate r i R bits/s, where r i is the variable channel coding rate. We use BPSK modulation with power control in the modulator. Also, for simplicity, we assume that all the transmitted bits are equally important for error protection purposes.
We have observed during simulations that, for the same level of distortion, channel-induced errors are perceptibly more annoying than source encoding distortion. Because if this reason, a design goal, called hereafter quality goal, would be that channel induced errors would account for a small percentage of the overall end-to-end distortion. Thus, the design will be constrained by the condition of meeting a target SINR that achieves the desired small channel-induced distortion. Note that the target SINR required to satisfy the quality goal is a function of the source rate. This is because reducing source rate corresponds to increasing the source frame error protection, which, in turn, lowers the SINR needed to achieve the same quality goal. Thus, by reducing some or all calls' source rate, it is possible to lower transmit power and interference at the cost of higher source encoding distortion but without increasing channel induced errors. Furthermore, we have found through simulations using different configurations of Rate Compatible Punctured Convolutional (RCPC) codes [8] that the SINR as a function of channel coding rate, when transmit rate is fixed, can be approximated accurately by
where γ i is the target SINR required to achieved the desired quality goal (Γ i ≥ γ i , ∀i), A and B are the parameters of the error control coding scheme, and r i is the channel coding rate. Define f i (r i R) as the distortion-rate function of the i th user's source coder encoding at rate r i R. In most well designed encoders, f i is a convex and decreasing function. The minimum distortion occurs at maximum source rate r max . Furthermore, we assume that the source encoder distortionrate function [11] , [12] is:
where δ is the minimum distortion and k is a parameter depending on the encoder. This is a very general form that applies to both the cases of uncorrelated Gaussian source with squared-error distortion and when the high-rate approximation holds. In practice, the distortion-rate performance of real complex encoders does not strictly follow this rule for all encoding rates. Nevertheless, we noticed that by determining the parameter k from simulations, this function is a good representation of a tight upper bound for the real distortionrate characteristic and can be safely used as the representation for the worst-case behavior of the encoder. Even more, note that the approximation (4) can effectively represent the end-toend behavior because the quality goal keeps the contribution of channel induced errors to the overall distortion within negligible values. Define D = 2 2krmax /δ, the normalized distortion is given by:
III. REAL TIME DISTORTION MANAGEMENT
A. Problem Formulation
As the system admits more users, the increase in interference will prevent allocating resources so that all users have the minimum distortion, even when transmitting using the maximum power. Therefore, some users will have to operate at an increased distortion. Thus, the problem is to decide which user will be affected and how these users will increase their distortions.
The basic effect of the adaptation that solves the allocation problem is to choose for each user a target SINR. From the discussion in the previous section, we can see that each target SINR is associated to a distinct source encoding rate, or equivalently, a channel coding rate r i . Therefore, the adaptation goal would be to find the channel coding rate for each user that minimize the overall system distortion, under the constraint that each user's distortion is smaller than a maximum acceptable value and that the overall transmitted power from the base station,
The problem is formulated as:
where P max is the maximum transmit power available at the base station and D max is the maximal acceptable distortion. In this paper, for simplicity, we assume all users have the same D max . Note that r i is implicitly constrained by the combination of equation (5) with the above distortion range constraint.
The problem in (6) is a nonlinear nonconvex problem and there might be many local minima. It is very difficult to solve by Lagrangian method or nonlinear integer programming. Moreover, the computation complexity will grow exponential as the number of users increases. In order to fit a real CDMA system with large number of users, we need to develop a fast algorithm with relatively good performances.
B. Resource Allocation Algorithm
As noted, when the system is lightly crowded, each user could have the minimum distortion and the necessary total transmitted power could still be less than the maximum transmitted power available from the base station. As the system becomes more crowded the system might not be able to let every user operate at minimum distortion. In this operational condition, there is a need to have a graceful distortion control so that those users in bad channel condition or who introduce too much interference to others may sacrifice their performance slightly by increasing their distortion in a controlled way. Note that the constraint on the channel induced errors (the quality goal) will allow the increase in distortion to be smooth, controllable, and predictable. This is because the dominant process in increasing distortion is the reduction in source encoding rate, thus the system behavior follows the rate-distortion curve. This will keep the random and subjectively more annoying channel-induced distortion at a negligible value. Channel induced distortion is kept at a sufficiently small value by appropriately setting the rates and powers. By doing this, the system will use the limited power to reduce co-channel interferences, minimize the overall system distortion, and increase the total number of users.
In order to decide who will be operating at a lower distortion we consider the effect that a change in each user's distortion have on the total transmit power. First we need to have a simple approximation for P sum . Define
If the processing gain is large, i.e., W/R is large, T i is small. We know that α ki < 1, thus α ki T i is also small. Therefore, we have P sum = 1
T with u i = σ 2 T i /G i , and 
We find the gradient of the overall transmitted power with respect to each user's distortion, g i . The gradient can be written as a function of three differentials, as follows:
where
Therefore, the final gradient can be written as:
where C is a negative constant. The absolute value of g i is determined by three factors: current rates (the term before the parentheses), channel gain (the first term inside the parentheses), and interferences to others (the second term inside the parentheses). If P max is large enough for every user in the cell to have the minimal distortion, we assign D i = 1 to everybody. Still, there might be some total transmit power left.
If P max is not large enough for every user to operate at minimal distortion, the algorithm initially assigns D i = D max , ∀i. If the power is still not enough, it means that there is not enough power to satisfy the group's maximal distortion constraints and the system is in an outage condition. If there is some power left after assigning D i = D max , ∀i, the extra power could be used to reduce distortion. The user that will reduce its distortion is chosen by determining the gradient ∂P sum /∂D i . If the absolute value of the gradient is small, it means that a reduction in distortion will have a small effect on the total consumed power. For this user, the current rates are low (i.e. the distortion is high), channel gain is good, or interferences to others are small, consequently this user deserves a smaller distortion. In other words, this user can reduce its end-to-end distortion while creating the smallest strain on the available resources. Thus, the algorithm assigns a higher r i to this user to let the distortion become small. Then the gradient is estimated and the rate is assigned again. This process is continued, according to the order of the gradients, until the power is used up. Note that, in practice, there are only a finite number of possible values for r i . Therefore, the assignment of a higher r i is done in incremental discrete steps. On the whole, the adaptive resource allocation algorithm is given in Table I . As we have mentioned before, (6) is extremely difficult to solve by traditional methods in which the complexity grows fast with the number of user N increasing. In the proposed algorithm, the complexity lies in computing the gradients in (13) and calculating the overall transmitted power in (8) . So the complexity is O(N 2 ) and can be easily implemented in practice.
C. Dynamic System Model
So far we have considered for the development of the resource allocation algorithm that there is fixed number of users in the system. In reality, the traffic load changes over time as users join or leave the system. Assume that calls enter the cell at a rate λ following a Poisson arrival process (i.e. exponential interarrival time) and that the random calls duration follow an exponential distribution with mean 1/µ. The number of admissible users is limited to a maximum N max . Therefore, the stationary probability that there are n ongoing calls in the system is given by:
From the study in previous sections, the expected overall distortion with the number of users being fixed, E(D|N = n), is known. By using the distribution in (14) , the average distortion
The maximum admissible number of users N max can be set based on different design considerations. One straightforward idea would be to limit the number of users based on the processing gain, i.e. N max has to be less than or equal than the processing gain. In our case we consider the average distortion per call as the performance measure for the call admission policy. Specifically, N max is selected such that E(D) ≤ d, where d is a given threshold.
In addition to this, if we consider voice traffic, the load generated by users in a call also changes over time because speech can be considered to follow a two-state (talk spurt and silence) model. In two-way conversation calls, the silent period is roughly 65% of all the time [17] . Therefore, when the speech is in silence state, there is no need to have high transmission rates or stringent quality constraints, thus reducing interference and potentially increasing the system capacity. In fact, for those users in a silent period, it is possible to assign them the 
IV. SIMULATION RESULTS
Since our focus is real time communications, in simulations we used voice as source. We use eighteen speech sequences, both male and female speakers, from the NIST speech corpus [13] . We encoded these sequences using the GSM AMR (Advance Multi-Rate) Narrow-band Speech Encoder [14] . This is a multirate encoder that operates with 20 ms frames, 5 ms look-ahead and includes an error concealment mode which was used in simulations. Of the eight possible encoding rates: 12.2, 10.2, 7.95, 7.4, 6.7, 5.9, 5.15 and 4.75 kbps, we used only the six highest ones.
To determine the end-to-end distortion, we choose a perceptually weighted log-spectral distortion measure calculated by numerical approximation of the function
where A(f ) andÂ(f ) are the FFT-approximated spectra of the original and the reconstructed speech frames, respectively, and W B (f ) is the subjective sensitivity weighting function [15] :
This distortion is measured on a frame-by-frame basis and then averaged over all frames, including outliers, to further capture the effects of channel errors. We choose this measurement not only because of its good mathematical properties, but also because of its good correspondences to subjective measure [16] . To report the results, we used a normalized distortion measure, which is computed as the ratio of the spectral distortions to that of the speech sequence encoded at the highest rate (12.2kbps) in the absence of channel noise. Note that our assumed distortion-rate performance, as presented in (4), is based on the assumption of a mean squared-error distortion measure. Nevertheless, we noticed through simulations that this assumption remains applicable when using (15) as measure. Also, for the proposed system, we assumed BPSK modulation. For variable rate channel coder, we choose a memory 4, puncturing period 8, mother code rate 1/4 RCPC code in [8] decoded with a soft Viterbi decoder. The total bandwidth was 1.5616MHz. We assumed a channel affected by normalized Rayleigh fading (average power loss equal to 1) and normalized path loss (with propagation constants assumed equal to 1), with a path loss exponent equal to 3 (typical of urban areas). We apply the average orthogoality factor α to all the α ki (to all users). Users are randomly located in a cell with We fix the transmit rate at 24.4kbps and processing gain at 64 and we analyze the performance of the proposed algorithm as the system becomes increasingly loaded. In Fig. 3 , we show the normalized distortion vs. the number of calls with different total transmit powers for the proposed scheme. The figure also includes, for comparison purposes, results for an equivalent CDMA system that shares the same configuration as the proposed scheme but is forced to operate without adaptation. For the case of this equivalent system, all calls operate at a source encoding rate equal to 12.2 Kbps and channel coding rate 1/2. From these results we can draw several conclusions. When the number of users is small, all the schemes with different powers work in the same way. This is because there is enough power to allocate to all users resources so that they operate at minimal distortion. As compared to the equivalent unadapted system with the same outage probability, when the number of users is increased and the system becomes more loaded, the proposed scheme shows a lower normalized distortion. This is because the proposed scheme controls the distortion smoothly by adapting the source and channel coding rates. In particular, if, for example P max = 350, we can see that the proposed system can support 30 users with 6 % less distortion, 40 with 12 % and 50 users with 37 % less distortion. When the transmitted power is increased, the distortion will be reduced. In Fig. 4 , we compared the normalized distortion as a function of the maximal available power for a fixed number of users in the system (N = 30, N = 40 and N = 50) that represents different loading conditions on the network. This figure shows that the proposed system is able to deliver the same level of average end-to-end distortion by a much lower maximum total transmit power.
We tested the proposed resource allocation algorithm under dynamic system considerations through Monte Carlo method. In the simulations we fixed the average call duration to 3 minutes, µ = 1/180, and we measured the performance with different offered loads λ/µ. The average talk spurt duration is 1 s. and the average silence duration is 1.35 s. In Figure  5 and Figure 6 , we show the average normalized distortions and outage probabilities vs. offered load for a call admission control policy set so that d = 1.2. We compare the proposed algorithm vs. the fixed algorithm for P max = 150, 200, 350, respectively. We can see that both the normalized distortions and the outage probabilities grow with the offered load increasing, while the proposed algorithm provides much lower distortions and outage probabilities.
V. CONCLUSIONS
In this paper, we design a protocol to smoothly control each user's distortion by varying the source coding rate, channel coding rate and transmitted power in the downlink of a power constrained CDMA system. We develop a fast algorithm to minimize the system overall distortion under the maximal transmitted power and maximal user's distortion constraints, according to different users' current rates, channel conditions, and interferences to others. The algorithm provides an effective solution that in essence allocates target SINRs, from a set of possible values to each user. Compared with a traditional approach, a system that cannot adapt its source and channel coders, the proposed scheme can greatly reduce the overall system distortion and required total transmit power, which, in turn, will increase the maximal number of admissible users. In our study we also consider a dynamic model where the number of calls change over time following a truncated Poisson random process and the speech sources follow a talkspurt-silence model.
